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Providing a primary located signal in
S11— a primary signaling point of a
period by a signal generating loop

Multiplying the primary located signal
S21— by a set of continuously decreasing
signals to get a primary signal

(7) ABSTRACT

A method for overflow testing of a blind equalizer. The
method uses the following steps; providing a primary
located signal in a primary signaling point of a period by a
signal generating loop; multiplying the primary located
signal by a set of continuously decreasing signals to get a
primary signal; providing a interfering located signal in a
plurality of interfering signaling points of the period by a ISI
generating loop, wherein the interfering signaling points are
different from the primary signaling point; multiplying the
interfering located signal by a set of continuously increas-
ing/decreasing signals to get an interference signal; adding
the primary signal and the interference signal to get the input
signal; inputting the input signal to the blind equalizer to
adapt the input signal, wherein the tap weights correspond-
ing to the interference signal in a blind equalizer overflow.

Providing a interfering located signal in a
plurality of interfering signaling points of the
period by a ISI generating loop, wherein the
interfering signaling points are different from
said primary signaling point

—S12

L

Multiplying the interfering located signal
by a set of continuous signals to get an
interference signal

—S22

|

Adding the primary signal and the
interference signal to get the input signal

overflow

Inputting the input signal to a blind
equalizer to adapt the input signal, wherein

the tap weights corresponding to the
interference signal in the blind equalizer

—s4




US 2003/0191601 A1

Oct. 9,2003 Sheet 1 of 6

Patent Application Publication

@Wo

(1¥V ¥018d) | 914

Y

I00I[S

201




US 2003/0191601 A1

Oct. 9, 2003 Sheet 2 of 6

Patent Application Publication

¢ 9Ol

yS—

Iozijenbs puijq oy} uI [euSIS 20USISYISIUL

o2 03 Burpuodsorroo syydiom dey o
ura1oyMm ‘reusis yndur oy 3depe 03 19z1jenbo
puriq © o3 [eusis indur oy} Surynduy

MOJJIOA0

€5—

Teusis yndur 2y 108 03 TeuSIS 90USISJIoUL
o) pue Teudis Arewnid ay) Suippy

]

CCS—

[euS1s 90UQIIONT
ue 303 01 S[RUSIS SNONUKTOD JO 33s © Aq
[eusis pajeso] SurLagIvul 9y) SWATADNA

reusts Arewid e 398 01 sjeudis
Zursearoap A[snonuruod Jo 308 v £q
Teusdts pajeoo] Arewnad oy SwAdnny

— IS

CIS—

yurod SuireuSis Arewnd pres

wolj Judxd)yrp are syurod Jurpeudis Jurrojroyur
oy uroroyMm ‘dooy Sunperouss ST & Aq porrad
oy Jo syurod Surreudrs Sunioprayur Jo Ajeinyd
2 UI [RUSIS P21eo0] SuLIajIojul € SUIpIAOL

dooy Bunerouad 1eudis v £Aq porrod
© Jo jurod Sureusdis Arewnd e
ur [eusis pajeoso] Arewrrid e Suipriaoig

— LIS




US 2003/0191601 A1

Oct. 9, 2003 Sheet 3 of 6

Patent Application Publication

@y

\

I_I
A

/ASO I

ISOI[S

¢ Ol

9¢

@iy

ul

19z11enbo
pur[q

D

143

Ix @ wﬁﬂﬁoﬁ% Mm —C¢
1J
P
(%) dooj
S¥Y oY) Sunerousd euss | 0¢




US 2003/0191601 A1

Oct. 9, 2003 Sheet 4 of 6

Patent Application Publication

¥ "Ol4

220011
A.,H LE w351 1 1 18 L 5 1y
| %t
R & —
cua gy gelyr ary ey X | By
..... -
€S
X
vam
IS
X

v
opmyrdury



US 2003/0191601 A1

Oct. 9, 2003 Sheet 5 of 6

Patent Application Publication

G Ol

A

oy

IOOI[S

9¢

UY)

-




Patent Application Publication  Oct. 9, 2003 Sheet 6 of 6 US 2003/0191601 A1

T1(n)

| A

FIG. 6




US 2003/0191601 A1

METHOD FOR OVERFLOW TESTING OF A
BLIND EQUALIZER

BACKGROUND OF THE INVENTION
[0001] 1. Field of the Invention

[0002] The present invention relates in general to a
method for overflow testing of a blind equalizer. In particu-
lar, the present invention relates to a method to perform an
overflow test of a blind equalizer without adding additional
circuits.

[0003] 2. Description of the Related Art

[0004] Proper detection of a signal is hampered by various
sources of signal degradation. One such source is intersym-
bol interference where consecutive transmitted symbols
interfere with each other. Other sources of signal degrada-
tion include the transmission media (i.c. wire) and analog
filters. These factors produce large amplitude and group
delay distortion in the signal that needs compensation.

[0005] To compensate for intersymbol interference (ISI)
and other sources of signal degradation and distortion, best
performance is achieved by implementing an equalizer as an
adaptive filter. An adaptive filter can modify from time
instant to time instant, the coefficients, also referred to as tap
weights, used in the filter to remove ISI and to compensate
for amplitude and group delay distortions. The update of the
tap weights is done to minimize the error at the output of the
filter. This error is effectively a measure of the difference
between the actual output of the filter and the expected
output. The adaptive process continues until the error is at a
minimum (i.c. the filter converges).

[0006] The convergence of an equalizer depends on many
factors including initial tap weights, desired convergence
rate, signal to noise ratio (SNR) at the input and phase
changes caused by a clock recovery circuit at the receiver,
and can be accomplished with various adaptive algorithms.

[0007] The adaptation of the tap weights in adaptive
equalizers is based on an assumed correct decision about
which symbol was received. This assumption is valid for
equalizers with a training sequence for which the received
symbol is in fact known in advance. Equalizers, however,
are also used without the benefit of a training sequence, in
which case the decision is not necessarily correct. These
equalizers are referred to as blind equalizers. The term blind
refers to trying to find the correct equalizer coefficients
without a reference training sequence, therefore during
convergence the decisions may be incorrect and the coeffi-
cients (weights) erroneously updated. Although the possi-
bility of a mistake exists, if the blind equalizer makes correct
decisions for a sufficiently large set of received symbols, the
equalizer will converge correctly.

[0008] FIG. 1 is a block diagram illustrating a blind
equalizer in the prior art. A blind equalizer 100 is a trans-
versal finite impulse response filter (FIR). A set of continu-
ous information X, (n), X,(n), . . . , Xy,(n) input to the blind
equalizer 100. The set of continuous information convolute
a set of tap weights W, W, . . . , W, in the blind equalizer
100 to produce an output of the blind equalizer ry(n).

[0009] The blind equalizer 100 adapts the tap weights to
compensate for intersymbol interference (ISI) and other
sources of signal degradation and distortion. The output of
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the blind equalizer ry(n) inputs to a slicer 102. Then, the
slicer produces an output of the slicer ro(n). An error e(n)
defines a measure of the difference between the output of the
slicer ro(n) and the output of the blind equalizer r;(n). Thus,
e(n)=ro(n)-r¢(n). Then, the error e(n) is fed back to the blind
equalizer 100 to adapt the tap weights.

[0010] The blind equalizer, as shown in FIG. 1, uses the
output of the slicer ro(n) as a training sequence d(n). After
completing the adaptation, the output of the blind equalizer
r(n) almost equals to the training sequence d(n). In other
equalizers, the training sequence d(n) is provided from the
outside device, not from the output of the slicer ro(n)
Therefore, after inputting a training sequence with high
power from the outside device, the output of the equalize
will rapidly increase and tap weights will overflow. On the
contrary, for a blind equalizer, because the training sequence
d(n) is provided from the output of the slicer ro(n), it is
impossible to provide a training sequence with high power
to make the blind equalizer overflow. Therefore, in order to
perform overflow test of a blind equalizer, additional circuits
must be added. It is not economical to add additional circuits
to perform an overflow test of a blind equalizer. In addition,
in the prior art, a special tap weight to perform an overflow
test can be designed.

SUMMARY OF THE INVENTION

[0011] An object of the present invention is to provide a
method to perform an overflow test of a blind equalizer
without adding additional circuits and to designate special
tap weights of the blind equalizer to overflow.

[0012] Another object of the present invention is to make
it possible to designate special tap weights of the blind
equalizer to overflow.

[0013] To realize the above objects, the invention provides
a method for overflow testing of a blind equalizer where a
blind equalizer adapts an input signal by adjusting a plurality
of tap weights in the blind equalizer. The method comprises
the following steps: providing a primary located signal in a
primary signaling point of a period by a signal generating
loop; multiplying the primary located signal by a set of
continuously decreasing signals to get a primary signal;
providing an interfering located signal in a plurality of
interfering signaling points of the period by a ISI generating
loop, wherein the interfering signaling points are different
from the primary signaling point; multiplying the interfering
located signal by a set of continuous signals to get an
interference signal; adding the primary signal and the inter-
ference signal to get the input signal; and inputting the input
signal to the blind equalizer to adapt the input signal,
wherein the tap weights corresponding to the interference
signal in the blind equalizer overflow. An initial status of the
ISI generating loop is determined by a slicing level of a
slicer, amplitudes of the primary signal after the blind
equalizer are larger than the slicing level and amplitudes of
the interference signal after the bind equalizer are smaller
than the slicing level. The primary signaling point and the
interfering signaling points are chosen to decide the tap
weights, which will overflow in the blind equalizer.

[0014] Furthermore, a slope formed by amplitudes of the
interference signals is an interfering slope. The blind equal-
izer further comprises a learning constant which is bigger
than the modulus of the interfering slope. A slope formed by
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the amplitudes of the primary signal is a primary slope. The
absolute value of modulus of the primary slope is smaller
than the learning constant. The blind equalizr further com-
prises a plurality of registers and the interval between two
signals of the continuous signals and the continuously
decreasing signals are bigger than the number of the regis-
ters.

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] The present invention can be more fully understood
by reading the subsequent detailed description in conjunc-
tion with the examples and references made to the accom-
panying drawings, wherein:

[0016] FIG. 1 is a block diagram illustrating a blind
equalizer in the prior art;

[0017] FIG. 2 is a flow chart illustrating the method for
overflow testing of a blind equalizer in the embodiment of
the invention;

[0018] FIG. 3 is a block diagram illustrating a structure to
achieve the method in the embodiment of the invention;

[0019] FIG. 4 is a schematic diagram illustrating one
example of the input signal in FIG. 3;

[0020] FIG. 5 is a block diagram illustrating the blind
equalizer in FIG. 3; and

[0021] FIG. 6 is a schematic diagram illustrating the
relation between an input level of the slicer and an output
level of the slicing level in FIG. 3.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENT

[0022] FIG. 2 is a flow chart illustrating the method for
overflow testing of a blind equalizer in the embodiment of
the invention. As shown in FIG. 2, first, a primary located
signal in a primary signaling point of a period is provided by
a signal generating loop (S11). Then, the primary located
signal is multiplied by a set of continuously decreasing
signals to get a primary signal (s21). Although the primary
signal is a set of continuously decreasing signals, amplitudes
of the primary signal after a blind equalizer must be larger
than a slicing level.

[0023] In addation, an interfering located signal in a
plurality of interfering signaling points of the period is
provided by a ISI generating loop, wherein the interfering
signaling points are different from said primary signaling
point (s12). Then, the interfering located signal is multiplied
by a set of continuous signals to get an interference signal
(s22). The set of continuous signals may be a set of con-
tinuously decreasing signals or a set of continuously increas-
ing signals. In this embodiment, the set of continuously
increasing signal is used as example. As well, an initial
status of the ISI generating loop is determined by the slicing
level of the slicer, and amplitudes of the interference signal
after the bind equalizer must be smaller than the slicing
level.

[0024] Then, the primary signal and the interference signal
are added to get the input signal (s3). The interference signal
composes a plurality of precursor interfering located signal
and a plurality of postcursor interfering located signal.
Finally, the input signal is inputted to the blind equalizer to
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adapt the input signal, wherein the tap weights correspond-
ing to the interference signal in the blind equalizer overflow
(s4). The step comprises two parts. For the primary signal,
since the primary signal is a set of continuously decreasing
signals and the input signal comprises the primary signal, to
make amplitude of the primary signal after the blind equal-
izer bigger than the slicing level, the tap weight correspond-
ing to the primary signal in the blind equalizer gradually
increases and finally overflows. For the interference signal,
since the primary signal is the set of continuously decreasing
signals, to make amplitudes of the interference signal after
the bind equalizer smaller than the slicing level, the tap
weights corresponding to the interference signal in the blind
equalizer gradually increase and finally overflow.

[0025] As shown in FIG. 3, a signal generating loop 30
produces a primary located signal M in a primary signaling
point t, of a period T (see to FIG. 4). An ISI generating loop
32 produces a interfering located signal I in interfering
signaling points t;; and t, (see to FIG. 4). The primary
located signal M is multiplied by a set of continuously
decreasing signals fd to get a primary signal Xg. Amplitudes
of the primary signal Xg after a blind equalizer 34 are larger
than a slicing level of a slicer 36 (see to FIG. 6). The
interfering located signal I is multiplied by a set of continu-
ously increasing signals fi to get an interference signal X;.
Amplitudes of the interference signal X; after the bind
equalizer 34 are smaller than the slicing level (see to FIG.
6). Then, the primary signal Xg and the interference signal
X, are added to get an input signal Sn. The input signal Sn
is inputted to the blind equalizer 34 to adapt the input signal
Sn, wherein the blind equalizer 34 adjusts a plurality of tap
weights in the blind equalizer 34 (see to FIG. 6).

[0026] FIG. 4 is a schematic diagram illustrating the input
signal in FIG. 3. The cross axis represents time. The vertical
axis represents the amplitudes of the input signal Sn. The
input signal Sn comprises Xg,, Xg, and X, which belong to
the primary signal X, and X, 1, X;a2, Xiazs Xpe15 Xieo a0d Xies
which belong to the interference signal X,.

[0027] The primary signal Sn (comprises X,;, X,, and
X,3) is a set of continuously decreasing signals and only
appears in the primary signaling point of every period T. As
shown in FIG. 4, in the period 0~T, the primary signal Xg,
appears in the signaling point t.. In the period T~2T, the
primary signal Xg, appears in the signaling point t',. In the
period 2T~3T, the primary signal X, appears in the signal-
ing point t",. The interference signal X; (comprises Xy,
Kiazs Xpazs Xisrr Xpeo and Xpes) is a set of continuously
increasing signals and only appears in the interfering sig-
naling points of every period T. In the period 0~T, the
interference signal X;,; and X;., respectively appear in the
interfering signaling points t;; and t;,. Because the interfer-
ing signaling points t;; appears before the signaling point t_,
the interference signal X, , is a precursor interfering located
signal. Because of the interfering signaling points t;, after
the signaling point t,, the interference signal X, is a
posteursor interfering located signal. In the period T~2T, the
interference signal X;,, and X;., respectively appear in the
interfering signaling points t';; and t',,. Because the interfer-
ing signaling point t';; appears before the signaling point t',,
the interference signal X, is a precursor interfering located
signal. Because the interfering signaling point t',, appears
after the signaling point t', the interference signal Xy, is a
postecursor interfering located signal. In the period T~3T, the
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interference signal X;,; and X respectively in the inter-
fering signaling points t";; and t";,. Because the interfering
signaling points t";; appears before the signaling point t",
the interference signal X, , is a precursor interfering located
signal. Because the interfering signaling points t";, appears
after the signaling point t",, the interference signal X, is a
postecursor interfering located signal.

[0028] As shown in FIG. 4, a slope formed by the
amplitudes of the primary signal Xg;, X, and Xg; is a
primary slope ml. A slope formed by amplitudes of the
interference signals X,;, X;,, and X;, is an interfering
slope m2. A slope formed by amplitudes of the interference
signals X;¢;, X and X5 is also the interfering slope m2.
The blind equalize 34 comprises a learning constant u. The
absolute value of modulus of the primary slope m1 and the
interfering slope m2 must be smaller than the learning
constant .

[0029] FIG. 5 is a block diagram illustrating the blind
equalizer in FIG. 3. The input signal Sn inputs to the blind
equalizer 34. The input signal Sn is convoluted with a set of
tap weights W, W,, . . ., Wy, in the blind equalizer 34 to
produce an output of the blind equalizer ri(n). The blind
equalize 34 comprises a plurality of registers D. The interval
between two signals of the continuously decreasing signals
fd and the continuously increasing signals fi are bigger than
the number of the registers M. Therefore, within a period T,
there is one primary signal Xg.

[0030] The output of the blind equalizer r,(n) inputs to a
slicer 36. Then, the slicer 36 produces an output of the slicer
ro(n). An error e(n) defines a measure of the difference
between the output of the slicer ro(n) and the output of the
blind equalizer ry(n). It means e(n)=ro(n)-ry(n). Then, the
error e(n) is fed back to the blind equalizer 34 to adapt the
tap weights. There are many adaptive algorithms used in the
blind equalizer to adapt the input signal such as Least-Mean-
Square, Recursive Least Square and other adaptive ways. In
this embodiment of the invention, Least-Mean-Square
(LMS) is used to adapt the tap weights as example. The
adaptive algorithm is:

Wn+1D)=W(n)+u*e(n)*X(n)

[0031] where W(n+1) is the vector set formed by the
tap weights W, W,, . .., W, in the blind equalizer
34 after a while, i.e. the vector set formed by the
adjusted tap weights;

[0032] W(n) is the vector set formed by the tap
weights W, W,, . . ., Wy, in the blind equalizer 34;

[0033] X(n) is data input signal Sn to the blind
equalizer 34 in the period T;

[0034] u is the learning constant; and
[0035]

[0036] FIG. 6 is a schematic diagram illustrating the
relation between an input level of the slicer and an output
level of the slicing level in the FIG. 3. The cross axis
represents the output of the blind equalizer ry(n), i.c. the
input level of the slicer 36. The vertical axle represents the
output of the slicer ro(n). While the input level of the slicer
r{(n) is smaller than the slicing level A/2, the output of the
slicer ro(n) is zero. While the input level of the slicer ri(n)
is larger than the slicing level A/2, the output of the slicer

e(n) is the error.
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ro(n) is not zero. In the embodiment of the invention, the
primary signal Xg of the input signal Sn after the slicer 36
must not be zero, so amplitudes of the primary signal Xg
after the blind equalizer are larger than the slicing level A/2.
For removing the interference signal X, the interference
signal X; of the input signal Sn after the slicer 36 must be
zero. Therefore, amplitudes of the interference signal X;
after the blind equalizer are smaller than the slicing level

A/2.

[0037] To adapt the input signal Sn, the blind equalizer 34
adjusts a plurality of tap weights in the blind equalizer 34.
The adjusting step comprises two parts. For the primary
signal Xg, since the primary signal X is the set of continu-
ously decreasing signals and the input signal Sn comprises
the primary signal X, to make amplitude of the primary
signal Xg after the blind equalizer 34 larger than the slicing
level A/2, the tap weight corresponding to the primary signal
X in the blind equalizer 34 gradually increases and finally
overflows. For the interference signal X;, since the primary
signal X is the set of continuously decreasing signals, to
make amplitudes of the interference signal X; after the bind
equalizer smaller than the slicing level A/2, the tap weights
corresponding to the interference signal X; in the blind
equalizer 34 gradually increase and finally overflow.

[0038] Moreover, the primary signaling point t, which
produces the primary signal Xg and the interfering signaling
points t;; and t;, which produce the interference signal X;
determine tap weights which will overflow in the blind
equalizer 34. In other words, choose the primary signaling
point and the interfering signaling points to decide the tap
weights, which will overflow in the blind equalizer.

[0039] Finally, while the invention has been described by
way of example and in terms of the preferred embodiment,
it is to be understood that the invention is not limited to the
disclosed embodiments. On the contrary, it is intended to
cover various modifications and similar arrangements as
would be apparent to those skilled in the art. Therefore, the
scope of the appended claims should be accorded the
broadest interpretation so as to encompass all such modifi-
cations and similar arrangements.

What is claimed is:

1. A method for overflow testing of a blind equalizer, the
blind equalizer adapting an input signal by adjusting a
plurality of tap weights in the blind equalizer, the method
comprising the steps of:

providing a primary located signal in a primary signaling
point of a period by a signal generating loop;

multiplying the primary located signal by a set of con-
tinuously decreasing signals to get a primary signal;

providing an interfering located signal in a plurality of
interfering signaling points of the period by an ISI
generating loop, wherein the interfering signaling
points are different from the primary signaling point;

multiplying the interfering located signal by a set of
continuous signals to get an interference signal;

adding the primary signal and the interference signal to
get the input signal; and
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inputting the input signal to the blind equalizer to adapt
the input signal, wherein the tap weights corresponding
to the interference signal in the blind equalizer over-
flow;

wherein an initial status of the ISI generating loop is
determined by a slicing level of a slicer, amplitudes of
the primary signal after the blind equalizer are larger
than the slicing level and amplitudes of the interference
signal after the blind equalizer are smaller than the
slicing level.

2. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein the interference signal com-
prises a plurality of precursor interfering located signals and
a plurality of postcursor interfering located signals.

3. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein the continuous signals are a set
of continuously decreasing signals.

4. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein the continuous signals are a set
of continuously increasing signals.

5. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein the blind equalize further
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comprises a learning constant which is bigger than the
absolute value of modulus of an primary slope formed by
amplitudes of the primary signal.

6. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein the blind equalize further
comprises a learning constant which is bigger than the
absolute value of modulus of an interfering slope formed by
amplitudes of the interference signals.

7. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein the blind equalize further
comprises a plurality of registers and the interval between
two signals of the continuous signals and the continuously
decreasing signals are bigger than the number of the regis-
ters.

8. The method for overflow test of a blind equalizer as
claimed in claim 1, wherein adaptive algorithms used in the
blind equalizer to adapt the input signal are Least-Mean-
Square or Recursive Least Square.



